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According to a pre-determined schedule or criterion, decide whether
to transmit feedback information to the sender

If it is a scheduled time or the criterion is satisfied, transmit feedback
information to the sender

FIG. 28B



U.S. Patent Apr. 26, 2016 Sheet 19 of 19 US 9,325,998 B2

il

Send packet burst
Burst j consists of N; packets of size F;
Start burst j according to a schedule of packet bursts

Send packets in burst j back-to-back, i.e., send packet burst as fast
as possible

Wait for feedback from receiver

Wait a pre-determined time interval to receive feedback from
receiver

Feedback information received?

Adapt data rate and packet scheduling

Adapt the data rate according to the received feedback information
(e.g. change video bit rate)

Adapt the schedule for sending packets and packet bursts; this may
include adapting the size of packets, adapting the number of packets
per burst and adapting the time interval between bursts

FIG. 29
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WIRELESS VIDEO TRANSMISSION SYSTEM

BACKGROUND OF THE INVENTION

The present invention relates generally to wireless trans-
mission systems, and relates more particularly to a wireless
video transmission system.

Developing an effective method for implementing
enhanced television systems is a significant consideration for
contemporary television designers and manufacturers. In
conventional television systems, a display device may be
utilized to view program information received from a pro-
gram source. The conventional display device is typically
positioned in a stationary location because of restrictions
imposed by various physical connections that electrically
couple the display device to input devices, output devices, and
operating power. Other considerations such as display size
and display weight may also significantly restrict viewer
mobility in traditional television systems.

Portable television displays may advantageously provide
viewers with additional flexibility when choosing an appro-
priate viewing location. For example, in a home environment,
a portable television may readily be relocated to view pro-
gramming at various remote locations throughout the home.
A user may thus flexibly view television programming, even
while performing other tasks in locations that are remote from
a stationary display device.

However, portable television systems typically possess
certain detrimental operational characteristics that diminish
their effectiveness for use in modern television systems. For
example, in order to eliminate restrictive physical connec-
tions, portable televisions typically receive television signals
that are propagated from a remote terrestrial television trans-
mitter to an antenna that is integral with the portable televi-
sion. Because of the size and positioning constraints associ-
ated with a portable antenna, such portable televisions
typically exhibit relatively poor reception characteristics, and
the subsequent display of the transmitted television signals is
therefore often of inadequate quality.

Other factors and considerations are also relevant to effec-
tively implementing an enhanced wireless television system.
For example, the evolution of digital data network technology
and wireless digital transmission techniques may provide
additional flexibility and increased quality to portable televi-
sion systems. However, current wireless data networks typi-
cally are not optimized for flexible transmission and recep-
tion of video information.

Furthermore, a significant proliferation in the number of
potential program sources (both analog and digital) may ben-
efit a system user by providing an abundance of program
material for selective viewing. In particular, an economical
wireless television system for flexible home use may enable
television viewers to significantly improve their television-
viewing experience by facilitating portability while simulta-
neously providing an increased number of program source
selections.

However, because of the substantially increased system
complexity, such an enhanced wireless television system may
require additional resources for effectively managing the con-
trol and interaction of various system components and func-
tionalities. Therefore, for all the foregoing reasons, develop-
ing an effective method for implementing enhanced
television systems remains a significant consideration for
designers and manufacturers of contemporary television sys-
tems.

A number of media playback systems use continuous
media streams, such as video image streams, to output media
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content. However, some continuous media streams in their
raw form often require high transmission rates, or bandwidth,
for effective and/or timely transmission. In many cases, the
cost and/or effort of providing the required transmission rate
is prohibitive. This transmission rate problem is often solved
by compression schemes that take advantage of the continuity
in content to create highly packed data. Compression meth-
ods such Motion Picture Experts Group (MPEG) methods
and its variants for video are well known. MPEG and similar
variants use motion estimation of blocks of images between
frames to perform this compression. With extremely high
resolutions, such as the resolution of 1080i used in high
definition television (HDTV), the data transmission rate of
such a video image stream will be very high even after com-
pression.

One problem posed by such a high data transmission rate is
data storage. Recording or saving high resolution video
image streams for any reasonable length of time requires
considerably large amounts of storage that can be prohibi-
tively expensive. Another problem presented by a high data
transmission rate is that many output devices are incapable of
handling the transmission. For example, display systems that
can be used to view video image streams having a lower
resolution may not be capable of displaying such a high
resolution. Yet another problem is the transmission of con-
tinuous media in networks with a limited bandwidth or capac-
ity. For example, in a local area network with multiple receiv-
ing/output devices, such a network will often have a limited
bandwidth or capacity, and hence be physically and/or logis-
tically incapable of simultaneously supporting multiple
receiving/output devices.

Laksono, U.S. patent application Publication No. 2002/
0140851 Al published Oct. 3, 2002 discloses an adaptive
bandwidth footprint matching for multiple compressed video
streams in a limited bandwidth network.

Wang and Vincent in a paper entitled Bit Allocation and
Constraints for Joint Coding of Multiple Video Programs,
IEEE Transaction on Circuits and Systems for Video Tech-
nology, Vol. 9, No. 6, September 1999 discuss a multi-pro-
gram transmission system in which several video programs
are compressed, multiplexed, and transmitted over a single
channel. The aggregate bit rate of the programs has to be
equal to (or less than) the bandwidth (e.g., channel rate). This
can be achieved by controlling either each individual program
bit rate (independent coding) or the aggregate bit rate (joint
coding). Thus in order to achieve such bit rate allocation, with
a channel having 150 megabits/second of bandwidth, a first
program may use 75 megabits/second, a second program may
use 25 megabits/second, and a third program may use 50
megabits/second, with the channel bandwidth being distrib-
uted by measuring the bit-rate being transmitted.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1illustrates a gateway, media sources, receiving units,
and a network.

FIG. 2 illustrates an analog extender.

FIG. 3 illustrate a digital extender.

FIG. 4 illustrates GOPs.

FIG. 5 illustrates virtual GOPs.

FIG. 6 illustrates a more detailed view of an extender.

FIG. 7 illustrates an analog source single stream.

FIG. 8 illustrates a digital source single stream.

FIG. 9 illustrates multiple streams.

FIG. 10 illustrates MPEG-2 TMS.

FIG. 11 illustrates dynamic rate adaptation with virtual
GOPs.
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FIG. 12 illustrates slowly varying channel conditions of
super GOPS by GOP bit allocation.

FIG. 13 illustrates dynamic channel conditions of virtual
super GOP by virtual super GOP bit allocation.

FIG. 14 illustrates dynamic channel conditions of super
frame by super frame bit allocation.

FIG. 15 illustrates user preferences and priority determi-
nation for streams.

FIG. 16 illustrates the weight of a stream resulting from
preferences at a particular point in time.

FIG. 17 illustrates the relative weight of streams set or
changed at arbitrary times or on user demand.

FIG. 18 illustrates an MAC layer model.

FIG. 19 illustrates an APPLICATION layer model-based
approach.

FIG. 20 illustrates an APPLICATION layer packet burst
approach.

FIG. 21 illustrates ideal transmission and receiving.

FIG. 22 illustrate retransmission and fallback to lower data
rates.

FIG. 23 illustrates pack submissions and packet arrivals.

FIG. 24 illustrates pack burst submissions and arrivals.

FIG. 25 illustrates packet burst submissions and arrivals
with errors.

FIG. 26 illustrates measured maximum bandwidth using
packet burst under ideal conditions.

FIG. 27 illustrates measured maximum bandwidth using
packet burst under non-ideal conditions.

FIGS. 28A-28B illustrates receiving packets.

FIG. 29 illustrates transmitting packets.

BRIEF DETAILED DESCRIPTION OF THE
PREFERRED EMBODIMENTS

FIG. 1 illustrate a system for transmission of multiple data
streams in a network that may have limited bandwidth. The
system includes a central gateway media server 210 and a
plurality of client receiver units 230, 240, 250. The central
gateway media server may be any device that can transmit
multiple data streams. The input data streams may be stored
on the media server or arrive from an external source, such as
a satellite television transmission 260, a digital video disc
player, a video cassette recorder, or a cable head end 265, and
are transmitted to the client receiver units 230, 240, 250 in a
compressed format. The data streams can include display
data, graphics data, digital data, analog data, multimedia data,
audio data and the like. An adaptive bandwidth system on the
gateway media server 210 determines the network bandwidth
characteristics and adjusts the bandwidth for the output data
streams in accordance with the bandwidth characteristics.

In one existing system, the start time of each unit of media
for each stream is matched against the estimated transmission
time for that unit. When any one actual transmission time
exceeds its estimated transmission time by a predetermined
threshold, the network is deemed to be close to saturation, or
already saturated, and the system may select at least one
stream as a target for lowering total bandwidth usage. Once
the target stream associated with a client receiver unit is
chosen, the target stream is modified to transmit less data,
which may result in a lower data transmission rate. For
example, a decrease in the data to be transmitted can be
accomplished by a gradual escalation of the degree of data
compression performed on the target stream, thereby reduc-
ing the resolution of the target stream. If escalation of the
degree of data compression alone does not adequately reduce
the data to be transmitted to prevent bandwidth saturation, the
resolution of the target stream can also be reduced. For
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example, if the target stream is a video stream, the frame size
could be scaled down, reducing the amount of data per frame,
and thereby reducing the data transmission rate.

By way of background the bandwidth requirements for
acceptable quality of different types of content vary signifi-
cantly:

CD audio is generally transmitted at about 1 Mbps;

Standard definition video (MPEG-2) is generally transmit-

ted at about 6 Mbps;

High Definition video (MPEG-2) is generally transmitted

at about 20 Mbps; and

Multiple audio/video streams are generally transmitted at

about 50-150 Mbps or more.

The overall quality can be expressed in many different ways,
such as for example, the peak signal-to-noise ratio, delay
(<100 ms for effective real-time two-way communication),
synchronization between audio and video (<10 ms typically),
and jitter (time varying delay). In many cases the audio/video
streams are unidirectional, but may include a back-channel
for communication.

There are many characteristics that the present inventors
identified that may be considered for an audio/visual trans-
mission system in order to achieve improved results over the
technique described above.

(1) The devices may be located at different physical loca-
tions, and, over time, the users may change the location of
these devices relative to the gateway. For example, the user
may relocate the device near the gateway or farther away from
the gateway, or, the physical environment may change sig-
nificantly over time, both of which affect the performance of
the wireless network for that device, and in turn the available
bandwidth for other devices. This results in unpredictable and
dynamically varying bandwidth.

(2) Different devices interconnected to the network have
different resources and different usage paradigms. For
example, different devices may have different microproces-
sors, different memory requirements, different display char-
acteristics, different connection bandwidth capabilities, and
different battery resources. In addition, different usage para-
digms may include for example, a mobile handheld device
versus a television versus a personal video recorder. This
results in unpredictable and dynamically varying network
maximum throughput.

(3) Multiple users may desire to access the data from the
system simultaneously using different types of devices. As
the user access data and stops accessing data the network
conditions will tend to dynamically change. This results in
unpredictable and dynamically varying network maximum
throughput.

(4) Depending on the client device the transmitted data
may need to be in different formats, such as for example,
MPEG-2, MPEG-1, H.263, H.261, H.264, MPEG-4, analog,
and digital. These different formats may have different
impacts on the bandwidth. This results in unpredictable and
dynamically varying network maximum throughput.

(5) The data provided to the gateway may be in the form of
compressed bit streams which may include a constant bit rate
(CBR) or variable bit rate (VBR). This results in unpredict-
able and dynamically varying network maximum throughput.

Various network technologies may be used for the gateway
reception and transmission, such as for example, IEEE
802.11, Ethernet, and power-line networks (e.g., HomePlug
Powerline Alliance). While such networks are suitable for
data transmission, they do not tend to be especially suitable
for audio/video content because of the stringent requirements
imposed by the nature of audio/video data transmission.
Moreover, the network capabilities, and in particular the data
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maximum throughput offered, are inherently unpredictable
and may dynamically change due to varying conditions
described above. The data throughput may be defined in terms
of the amount of actual (application) payload bits (per sec-
ond) being transmitted from the sender to the receiver suc-
cessfully. It is noted that while the system may refer to audio/
video, the concepts are likewise used for video alone and/or
audio alone.

With reference to one particular type of wireless network,
namely, IEEE 802.11, such as IEEE 802.11a and 802.11b,
they can operate at several different data link rates:

6,9, 12, 18, 24, 36, 48, or 54 Mbps for 802.11(a), and

1,2,5.5, or 11 Mbps for 802.11(b).

However, the actual maximum throughput as seen by the
application layer is lower due to protocol overhead and
depends on the distance between the client device and the
access point (AP), and the orientation of the client device.
Accordingly, the potential maximum throughput for a device
within a cell (e.g., a generally circular area centered around
the AP) is highest when the device is placed close to the AP
and lower when it is farther away. In addition to the distance,
other factors contribute to lowering the actual data maximum
throughput, such as the presence of walls and other building
structures, and radio-frequency interference due to the use of
cordless phones and microwave ovens. Furthermore, multiple
devices within the same cell communicating with the same
AP must share the available cell maximum throughput.

A case study by Chen and Gilbert, “Measured Performance
of' 5-GHz 802.11a wireless LAN systems”, Atheros Commu-
nications, 27 Aug. 2001 shows that the actual maximum
throughput of an IEE 802.11a system in an office environ-
ment is only about 23 Mbps at 24 feet, and falls below 20
Mbps (approximately the rate of a single high definition video
signal) at ranges over 70 feet. The maximum throughput of an
802.11(b) system is barely 6 Mbps and falls below 6 Mbps
(approximately the rate of a single standard definition video
signal at DVD quality) at ranges over 25 feet. The report
quotes average throughput values for within a circular cell
with radius of 65 feet (typical for large size houses in the US)
as 22.6 Mbps and 5.1 Mbps for 802.11a and 802.11b, respec-
tively. Accordingly, it may be observed that itis not feasible to
stream a standard definition and a high definition video signal
to two client devices at the same time using an 802.11a
system, unless the video rates are significantly reduced. Also
other situations likewise involve competing traffic from sev-
eral different audiovisual signals. Moreover, wireless com-
munications suffer from radio frequency interference from
devices that are unaware of the network, such as cordless
phones and microwave ovens, as previously described. Such
interference leads to unpredictable and dynamic variations in
network performance, i.e., losses in data maximum through-
put/bandwidth.

Wireless Local Area Networks (WLANSs), such as 802.11
systems, include efficient error detection and correction tech-
niques at the Physical (PHY) and Medium Access Control
(MAC) layer. This includes the transmission of acknowledg-
ment frames (packets) and retransmission of frames that are
believed to be lost. Such retransmission of frames by the
source effectively reduces the inherent error rate of the
medium, at the cost of lowering the effective maximum
throughput. Also, high error rates may cause the sending
stations in the network to switch to lower raw data link rates,
again reducing the error rate while decreasing the data rates
available to applications.

Networks based on power-line communication address
similar challenges due to the unpredictable and harsh nature
of the underlying channel medium. Systems based on the
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HomePlug standard include technology for adapting the data
link rate to the channel conditions. Similar to 802.11 wireless
networks, HomePlug technology contains techniques such as
error detection, error correction, and retransmission of frames
to reduce the channel error rate, while lowering effective
maximum throughput. Due to the dynamic nature of these
conditions, the maximum throughput offered by the network
may (e.g., temporarily) drop below the data rate required for
transmission of AV data streams. This results in loss of AV
data, which leads to an unacceptable decrease in the perceived
AV quality.

To reduce such limitations one may (1) improve network
technology to make networks more suitable to audio/visual
data and/or (2) one may modity the audio/visual data to make
the audio/visual data more suitable to such transmission net-
works. Therefore, a system may robustly stream audio/visual
data over (wireless) networks by:

(1) optimizing the quality of the AV data continuously, in

real-time; and

(2) adapting to the unpredictable and dynamically chang-

ing conditions of the network.
Accordingly a system that includes dynamic rate adaption is
suitable to accommodate distribution of high quality audio/
video streams over networks that suffer from significant
dynamic variations in performance. These variations may be
caused by varying of distance of the receiving device from the
transmitter, from interference, or other factors.

The following discussion includes single-stream dynamic
rate adaptation, followed by multi-stream dynamic rate adap-
tation, and then various other embodiments.

Single Stream Dynamic Rate Adaptation

A system that uses dynamic rate adaptation for robust
streaming of video over networks may be referred to as an
extender. A basic form of an extender that processes a single
video stream is shown in FIGS. 2 and 3. FIGS. 2 and 3 depict
the transmitting portion of the system, the first having analog
video inputs, the second having digital (compressed) video
inputs. The extender includes a video encoding or transcod-
ing module, depending on whether the input video is in ana-
log or digital (compressed) format. If the input is analog, the
processing steps may include A/D conversion, as well as
digital compression, such as by an MPEG-2 encoder, and
eventual transmission over the network. If the input is already
in digital format, such as an MPEG-2 bit stream, the process-
ing may include transcoding of the incoming bit stream to
compress the incoming video into an output stream at a dif-
ferent bit rate, as opposed to a regular encoder. A transcoding
module normally reduces the bit rate of a digitally com-
pressed input video stream, such as an MPEG-2 bit stream or
any other suitable format.

The coding/transcoding module is provided with a desired
output bit rate (or other similar information) and uses a rate
control mechanism to achieve this bit rate. The value of the
desired output bit rate is part of information about the trans-
mission channel provided to the extender by a network moni-
tor module. The network monitor monitors the network and
estimates the bandwidth available to the video stream in real
time. The information from the network monitor is used to
ensure that the video stream sent from the extender to a
receiver has a bit rate that is matched in some fashion to the
available bandwidth (e.g., channel rate). With a fixed video bit
rate normally the quality varies on a frame by frame basis. To
achieve the optimal output bit rate, the coder/transcoder may
increase the level of compression applied to the video data,
thereby decreasing visual quality slowly. In the case of a
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transcoder, this may be referred to as transrating. Note that the
resulting decrease in visual quality by modifying the bit
stream is minimal in comparison to the loss in visual quality
that would be incurred if a video stream is transmitted at bit
rates that can not be supported by the network. The loss of
video data incurred by a bit rate that can not be supported by
the network may lead to severe errors in video frames, such as
dropped frames, followed by error propagation (due to the
nature of video coding algorithms such as MPEG). The feed-
back obtained from the network monitor ensures that the
output bit rate is toward an optimum level so that any loss in
quality incurred by transrating is minimal.

The receiver portion of the system may include a regular
video decoder module, such as an MPEG-2 decoder. This
decoder may be integrated with the network interface (e.g.,
built into the hardware of a network interface card). Alterna-
tively, the receiving device may rely on a software decoder
(e.g.,ifitis a PC). The receiver portion of the system may also
include a counterpart to the network monitoring module at the
transmitter. In that case, the network monitoring modules at
the transmitter and receiver cooperate to provide the desired
estimate of the network resources to the extender system. In
some cases the network monitor may be only at the receiver.

If the system, including for example the extender, has
information about the resources available to the client device
consuming the video signal as previously described, the
extender may further increase or decrease the output video
quality in accordance with the device resources by adjusting
bandwidth usage accordingly. For example, consider an
MPEG-1 source stream at 4 Mbps with 640 by 480 spatial
resolution at 30 fps. If it is being transmitted to a resource-
limited device, e.g., a handheld with playback capability of
320 by 240 picture resolution at 15 fps, the transcoder may
reduce the rate to 0.5 Mbps by simply subsampling the video
without increasing the quantization levels. Otherwise, with-
out subsampling, the transcoder may have to increase the
level of quantization. In addition, the information about the
device resources also helps prevent wasting shared network
resources. A transcoder may also convert the compression
format of an incoming digital video stream, e.g., from
MPEG-2 format to MPEG-4 format. Therefore, a transcoder
may for example: change bit rate, change frame rate, change
spatial resolution, and change the compression format.

The extender may also process the video using various
error control techniques, e.g. such methods as forward error
correction and interleaving.

Dynamic Rate Adaptation

Another technique that may be used to manage available
bandwidth is dynamic rate adaptation, which generally uses
feedback to control the bit rate. The rate of the output video is
modified to be smaller than the currently available network
bandwidth from the sender to the receiver, most preferably
smaller at all times. In this manner the system can adapt to a
network that does not have a constant bit rate, which is espe-
cially suitable for wireless networks.

One technique for rate control of MPEG video streams is
that of the so-called MPEG-2 Test Model 5 (TM5), which is
a reference MPEG-2 codec algorithm published by the
MPEG group (see FIG. 10). Referring to FIG. 4, rate control
in TMS starts at the level of a Group-of-Pictures (GOP),
consisting of a number of I, P, and B-type video frames. The
length of a GOP in number of pictures is denoted by N p.
Rate control for a constant-bit-rate (CBR) channel starts by
allocating a fixed number of bits G5, to a GOP that is in
direct proportion to the (constant) bandwidth offered. Subse-
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quently, a target number of bits is allocated to a specific frame
in the GOP. Each subsequent frame in a GOP is allocated bits
just before it is coded. After coding all frames in a GOP, the
next GOP is allocated bits. This is illustrated in FIG. 4 where
Ngor=9 for illustration purposes.

An extension for a time-varying channel can be applied if
one can assume that the available bandwidth varies only
slowly relative to the duration of a GOP. This may be the case
when the actual channel conditions for some reason change
only slowly or relatively infrequently. Alternatively, one may
only be able to measure the changing channel conditions with
coarse time granularity. In either case, the bandwidth can be
modeled as a piece-wise constant signal, where changes are
allowed only on the boundaries of a (super) GOP. Thus, G5,
is allowed to vary on a GOP-by-GOP basis.

However, this does not resolve the issues when the band-
width varies quickly relative to the duration of a GOP, i.e., the
case where adjustments to the target bit rate and bit allocation
should be made on a frame-by-frame basis or otherwise a
much more frequent basis. To allow adjustments to the target
bit rate on a frame-by-frame basis, one may introduce the
concept of a virtual GOP, as shown in FIG. 5 (see FIG. 11).

Each virtual GOP may be the same length as an actual
MPEG GOP, any other length, or may have a length that is an
integer multiple of the length of an actual MPEG GOP. A
virtual GOP typically contains the same number of I-, P- and
B-type pictures within a single picture sequence. However,
virtual GOPs may overlap each other, where the next virtual
GOP is shifted by one (or more) frame with respect to the
current virtual GOP. The order of I-, P- and B-type pictures
changes from one virtual GOP to the next, but this does not
influence the overall bit allocation to each virtual GOP. There-
fore, a similar method, as used e.g. in TMS, can be used to
allocate bits to a virtual GOP (instead of a regular GOP), but
the GOP-level bit allocation is in a sense “re-started” at every
frame (or otherwise “re-started” at different intervals).

Let R, denote the remaining number of bits available to
code the remaining frames of'a GOP, at frame t. Let S, denote
the number of bits actually spent to code the frame at time t.
Let N, denote the number of frames left to code in the current
GOP, starting from frame t.

In TMS, R, is set to O at the start of the sequence, and is
incremented by G,p at the start of every GOP. Also, 8, is
subtracted from R, at the end of coding a picture. It can be
shown that R, can be written as follows, in closed form:

=1

N,Gp+ Y (Gp—5)),
=1

¢y
R =

where G is a constant given by:

_ Goop

Gp =
P~ Neor

indicating the average number of bits available to code a
single frame.

To handle a time varying bandwidth, the constant G, may
be replaced by G,, which may vary with t. Also, the system
may re-compute (1) at every frame t, i.e., for each virtual
GOP. Since the remaining number of frames in a virtual GOP
is N op, the system may replace N, by N, resulting in:
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Given R,, the next step is allocate bits to the current frame
at time t, which may be of type I, P, or B. This step takes into
account the complexity of coding a particular frame, denoted
by C,. Frames that are more complex to code, e.g., due to
complex object motion in the scene, require more bits to code,
to achieve a certain quality. In TM-5, the encoder maintains
estimates of the complexity of each type of frame (I, P, or B),
which are updated after coding each frame. Let C,, Cpand Cy
denote the current estimates of the complexity for I, P and B
frames. Let N,, N and N denote the number of frames of
type I, P and B left to encode in a virtual GOP (note that these
are constants in the case of virtual GOPs).

TMS prescribes a method for computing T,, T, and Tg,
which are the target number of bits for an I, B, or P picture to
be encoded, based on the above parameters. The TMS5 equa-
tions may be slightly modified to handle virtual GOPs as
follows:

K;Cp KCp (3)
Tr=R Ni+Np——+N
! ’/( PR BKBCI]
KpC KpC,
TP=R,/(NP+N,L +Ngﬂ)
X.Cr K5Cr
KgCy KgCp
Tg =R, Ng + N, 5
B r/( 8 IK[CB PKPCB)

where K, K, and K are constants. I, B, P, refer to [ frames,
B frames, and P frames, and C is a complexity measure. It is
to be understood that any type of compression rate distortion
model, defined in the general sense, may likewise be used.

As it may be observed, this scheme permits the reallocation
of bits on a virtual GOP basis from frame to frame (or other
basis consistent with virtual GOP spacing). The usage and bit
allocation for one virtual GOP may be tracked and the unused
bit allocation for a virtual GOP may be allocated for the next
virtual GOP.

Multi-Stream Dynamic Rate Adaptation

The basic extender for a single AV stream described above
will encode an analog input stream or adapt the bit rate of an
input digital bit stream to the available bandwidth without
being concerned about the cause of the bandwidth limitations,
orabout other, competing streams, if any. In the following, the
system may include a different extender system that pro-
cesses multiple video streams, where the extender system
assumes the responsibility of controlling or adjusting the bit
rate of multiple streams in the case of competing traffic.

The multi-stream extender, depicted in FIG. 6, employs a
“(trans)coder manager” on top of multiple video encoders/
transcoders. As shown in FIG. 6, the system operates on n
video streams, where each source may be either analog (e.g.
composite) or digital (e.g. MPEG-2 compressed bitstreams).
Here, V,, denotes input stream n, while V', denotes output
stream n. R, denotes the bit rate of input stream n (this exists
only if input stream n is in already compressed digital form; it
is notused if the input is analog), while R', denotes the bitrate
of output stream n.

Each input stream is encoded or transcoded separately,
although their bit rates are controlled by the (trans)coder
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manager. The (trans)coder manager handles competing
requests for bandwidth dynamically. The (trans)coding man-
ager allocates bit rates to multiple video streams in such a way
that the aggregate of the bit rates of the output video streams
matches the desired aggregate channel bit rate. The desired
aggregate bit rate, again, is obtained from a network monitor
module, ensuring that the aggregate rate of multiple video
streams does not exceed available bandwidth. Each coder/
transcoder again uses some form of rate control to achieve the
allocated bit rate for its stream.

Inthis case, the system may include multiple receivers (not
shown in the diagram). Each receiver in this system has
similar functionality as the receiver for the single-stream
case.

As in the single-stream case, the bit rate of the multiple
streams should be controlled by some form of bit allocation
and rate control in order to satisfy such constraints. However,
in the case of a multi-stream system, a more general and
flexible framework is useful for dynamic bit rate adaptation.
There are several reasons for this, as follows:

(1) The system should deal with multiple AV streams that
may have different characteristics, and should allocate
the available bits as supported by the channel accord-
ingly;

(2) The system should deal with the network characteris-
tics, which are partly unpredictable, and need special
attention in the case of multiple receivers as described
later;

(3) The system should handle any differences between the
receiving devices themselves, such as differences in
screen sizes, supported frame rates, etc.; and

(4) The different video sources may be regarded as difter-
ent in importance due to their content. Also, since the
different video streams are viewed by different people
(users), possibly in different locations (e.g., different
rooms in a home), the system may want to take the
preferences of the different users into account.

The resulting heterogeneity of the environment may be

taken into account during optimization of the system.

To this end, the multi-stream extender system may option-
ally receive further information as input to the transcoder
manager (in addition to information about the transmission
channel), as shown in FIG. 6. This includes, for example:

Information about each receiving device;

Information about each video source; and

Information about the preferences of each user.

In the following subsections, first is listed the type of con-
straints that the bit rate of the multiple streams in this system
are subject to. Then, the notion of stream prioritizing is
described, which is used to incorporate certain heterogeneous
characteristics of the network as discussed above. Then, vari-
ous techniques are described to achieve multi-stream (or
joint) dynamic rate adaptation.

Bit Rate Constraints for Multiple Streams

The bit rates of individual audio/video streams on the net-
work are subject to various constraints.

Firstly, the aggregate rates of individual streams may be
smaller than or equal to the overall channel capacity or net-
work bandwidth from sender to receiver. This bandwidth may
vary dynamically, due to increases or decreases in the number
of streams, due to congestion in the network, due to interfer-
ence, etc.

Further, the rate of each individual stream may be bound by
both a minimum and a maximum. A maximum constraint
may be imposed due to the following reasons.
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(1) A stream may have a maximum rate due to limitations
of the channel or network used. For instance, if a wire-
less network is used, the maximum throughput to a
single device depends on the distance between the
access point and the client device. Note that this maxi-
mum may be time-varying. For instance, if the client
device in a wireless network is portable and its distance
to the access point is increasing (e.g. while being car-
ried), the maximum throughput is expected to decrease.

(2) A stream may have a maximum rate due to limitations
of'the client device. The client device may have limited
capabilities or resources, e.g., a limited buffer size or
limited processing power, resulting in an upper bound on
the rate of an incoming audio/video stream.

(3) A stream may have a minimum rate imposed by the
system or by the user(s), in order to guarantee a mini-
mum quality. If this minimum rate cannot be provided
by the system, transmission to the device may not be
performed. This helps achieve some minimum quality. A
stream may also have a minimum rate imposed in order
to prevent buffer underflow.

Stream Prioritizing or Weighting

The (trans)coder manager discussed above may employ
several strategies. [t may attempt to allocate an equal amount
of available bits to each stream; however, in this case the
quality of streams may vary strongly from one stream to the
other, as well as in time. It may also attempt to allocate the
available bits such that the quality of each stream is approxi-
mately equal; in this case, streams with highly active content
will be allocated more bits than streams with less active
content. Another approach is to allow users to assign different
priorities to different streams, such that the quality of differ-
ent streams is allowed to vary, based on the preferences of the
user(s). This approach is generally equivalent to weighting
the individual distortion of each stream when the (trans)coder
manager minimizes the overall distortion.

The priority or weight of an audio/video stream may be
obtained in a variety of manners, but is generally related to the
preferences of the users of the client devices. Note that the
weights (priorities) discussed here are different from the type
of weights or coefficients seen often in literature that corre-
spond to the encoding complexity of a macro block, video
frame, group of frames, or video sequence (related to the
amount of motion or texture variations in the video), which
may be used to achieve a uniform quality among such parts of
the video. Here, weights will purposely result in a non-uni-
form quality distribution across several audio/video streams,
where one (or more) such audio/video stream is considered
more important than others. Various cases, for example, may
include the following, and combinations of the following.

Case A

The weight of a stream may be the result of a preference
that is related to the client device (see FIG. 15). That is, in the
case of conflicting streams requesting bandwidth from the
channel, one device is assigned a priority such that the dis-
tortion of streams received by this device are deemed more
severe as an equal amount of distortion in a stream received
by another device. For instance, the user(s) may decide to
assign priority to one TV receiver over another due to their
locations. The user(s) may assign a higher weightto the TV in
the living room (since it is likely to be used by multiple
viewers) compared to a TV in the bedroom or den. In that
case, the content received on the TV in the living room will
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suffer from less distortion due to transcoding than the content
received on other TVs. As another instance, priorities may be
assigned to different TV receivers due to their relative screen
sizes, 1.e., a larger reduction in rate (and higher distortion)
may be acceptable if a TV set’s screen size is sufficiently
small. Other device resources may also be translated into
weights or priorities.

Such weighting could by default be set to fixed values, or
using a fixed pattern. Such weighting may require no input
from the user, if desired.

Such weighting may be set once (during set up and instal-
lation). For instance, this setting could be entered by the user,
once he/she decides which client devices are part of the net-
work and where they are located. This set up procedure could
be repeated periodically, when the user(s) connect new client
devices to the network.

Such weighting may also be the result of interaction
between the gateway and client device. For instance, the
client device may announce and describe itself to the gateway
as a certain type of device. This may result in the assignment
by the gateway of a certain weighting or priority value to this
device.

Case B

The weight of a stream may be result of a preference that is
related to a content item (such as TV program) that is carried
by a particular stream at a particular point in time (see FIG.
16). That is, for the duration that a certain type of content is
transmitted over a stream, this stream is assigned a priority
such that the distortion of this stream is deemed more severe
as an equal amount of distortion in other streams with a
different type of content, received by the same or other
devices. For instance, the user(s) may decide to assign prior-
ity TV programs on the basis of its genre, or other content-
related attributes. These attributes, e.g. genre information,
about a program can be obtained from an electronic program
guide. These content attributes may also be based on knowl-
edge of the channel of the content (e.g. Movie Channel,
Sports Channel, etc). The user(s) may for example assign a
higher weight to movies, compared to other TV programs
such as gameshows. In this case, when multiple streams con-
tend for limited channel bandwidth, and one stream carries a
movie to one TV receiver, while another stream simulta-
neously carries a gameshow to another TV, the first stream is
assigned a priority such that it will be distorted less by
transcoding than the second stream.

Such weighting could by default be set to fixed values, or
using a fixed pattern. Such weighting may require no input
from the user, if desired.

Such weighting may be set once (during set up and instal-
lation). For instance, this setting could be entered by the user,
once he/she decides which type(s) of content are important to
him/her. Then, during operation, the gateway may match the
description of user preferences (one or more user prefer-
ences) to descriptions of the programs transmitted. The actual
weight could be set as a result of this matching procedure. The
procedure to set up user preferences could be repeated peri-
odically. The user preference may be any type of preference,
such as those of MPEG-7 or TV Anytime. The system may
likewise include the user’s presence (any user or a particular
user) to select, at least in part, the target bit rate. The user may
include direct input, such as a remote control. Also, the sys-
tem may include priorities among the user preferences to
select the target bit rate.

Such weighting may also be the result of the gateway
tracking the actions of the user. For instance, the gateway may



US 9,325,998 B2

13

be able to track the type of content that the user(s) consume
frequently. The gateway may be able to infer user preferences
from the actions of the user(s). This may result in the assign-
ment by the gateway of a certain weighting or priority value to
certain types of content.

Case C

The relative weight of streams may also be set or changed
at arbitrary times or on user demand (see FIG. 17).

Such weighting may be bound to a particular person in the
household. For instance, one person in a household may wish
to receive the highest possible quality content, no matter what
device he/she uses. In this case, the weighting can be changed
according to which device that person is using at any particu-
lar moment.

Such weighting could be set or influenced at an arbitrary
time, for instance, using a remote control device.

Such weighting could also be based on whether a user is
recording content, as opposed to viewing. Weighting could be
such that a stream is considered higher priority (hence should
suffer less distortion) if that stream is being recorded (instead
of viewed).

Case D

The relative weight of streams may also be set based on
their modality. In particular, the audio and video streams of an
audiovisual stream may be separated and treated differently
during their transmission. For example, the audio part of an
audiovisual stream may be assigned a higher priority than the
video part. This case is motivated by the fact that when view-
ing a TV program, in many cases, loss of audio information is
deemed more severe by users than loss of video information
from the TV signal. This may be the case, for instance, when
the viewer is watching a sports program, where a commenta-
tor provides crucial information. As another example, it may
be that users do not wish to degrade the quality of audio
streams containing hi-quality music. Also, the audio quality
could vary among different speakers or be sent to different
speakers.

Network Characteristics

The physical and data link layers of the aforementioned
networks are designed to mitigate the adverse conditions of
the channel medium. One of the characteristics of these net-
works specifically affects bit allocation among multiple
streams as in a multi-stream extender system discussed here.
In particular, in a network based on IEEE 802.11, a gateway
system may be communicating at different data link rates
with different client devices. WLANS based on IEEE 802.11
can operate at several data link rates, and may switch or select
data link rates adaptively to reduce the effects of interference
or distance between the access point and the client device.
Greater distances and higher interference cause the stations in
the network to switch to lower raw data link rates. This may be
referred to as multi-rate support. The fact that the gateway
may be communicating with different client devices at differ-
ent data rates, in a single wireless channel, affects the model
of the channel as used in bit allocation for joint coding of
multiple streams.

Prior work in rate control and bit allocation uses a conven-
tional channel model, where there is a single bandwidth that
can simply be divided among AV streams in direct proportion
to the requested rates for individual AV streams. The present
inventors determined that this is not the case in LANs such as
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802.11 WLANSs due to their multi-rate capability. Such wire-
less system may be characterized in that the sum of the rate of
each link is not necessarily the same as the total bandwidth
available from the system, for allocation among the different
links. In this manner, a 10 Mbps video signal, and a 20 Mbps
video signal may not be capable of being transmitted by a
system having a maximum bandwidth of 30 Mbps. The band-
width used by a particular wireless link in an 802.11 wireless
system is temporal in nature and is related to the maximum
bandwidth of that particular wireless link. For example, if link
1 has acapacity ot 36 Mbps and the data is transmitted at arate
of'18 Mbps the usage of that link is 50%. This results in using
50% of the systems overall bandwidth. For example, if link 2
has a capacity of 24 Mbps and the data is transmitted at a rate
of 24 Mbps the usage of link 2 is 100%. Using link 2 results
in using 100% of the system’s overall bandwidth leaving no
bandwidth for other links, thus only one stream can be trans-
mitted.

Bit Allocation in Joint Coding of Multiple Streams

A more optimal approach to rate adaptation of multiple
streams is to apply joint bit allocation/rate control. This
approach applies to the case where the input streams to the
multi-stream extender system are analog, as well as the case
where the input streams are already in compressed digital
form.

Let the following parameters be defined:

N, denote the number of streams

P, denote a weight or priority assigned to stream n, with
p,z0

a, denote a minimum output rate for stream n, with a, =0

b, denote a maximum output rate for stream n, with b, =a,,

D, (r) denote the distortion of output stream n as a function
of its output rate r (i.e. the distortion of the output with
respect to the input of the encoder or transcoder)

R~ denote the available bandwidth of the channel or maxi-
mum network maximum throughput

R,, denotes the bit rate of input stream n

R, denotes the bit rate of output stream n

Note that R,,, R', and R may be time-varying in general;
hence, these are functions of time t.

The problem of the multi-stream extender can be formu-
lated generically as follows:

The goal is to find the set of outputrates R',, n=1, .. ., N,
that maximizes the overall quality of all output streams
or, equivalently, minimizes an overall distortion crite-
rion D, while the aggregate rate of all streams is within
the capacity of the channel.

One form of the overall distortion criterion D is a weighted

average of the distortion of the individual streams:

Ny (€3]
D=3 p.Du(R))

n=1

Another form is the maximum of the weighted distortion of
individual streams:

D=max,{p,D,R",)} ®

In this section, a conventional channel model is used, similar
to cable tv, where an equal amount of bit rate offered to a
stream corresponds to an equal amount of utilization of the
channel, while it may be extended to the wireless type utili-
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zations described above. Therefore, the goal is to minimize a
criterion such as (4) or (5), subject to the following con-
straints:

N 6)
Z R, <Rc
n=1

and, for all n,

O=a,<R’<b,<R,

M

at any given time t.

In the case of transcoding, note that the distortion of each
output stream V', is measured with respect to the input stream
V,, which may already have significant distortion with
respect to the original data due to the original compression.
However, this distortion with respect to the original data is
unknown. Therefore, the final distortion of the output stream
with respect to the original (not input) stream is also
unknown, but bounded below by the distortion already
present in the corresponding input stream V. It is noted that
in the case of transcoding, a trivial solution to this problem is
found when the combined input rates do not exceed the avail-
able channel bandwidth, i.e., when:

®

In this case, R',, =R, and D,(R',)=D,,(R,) for all n, and no
transcoding needs to be applied.
It is noted that no solution to the problem exists, when:

)

This may happen when the available channel bandwidth/
network maximum throughput would drop (dramatically)
due to congestion, interference, or other problems. In this
situation, one of the constraints (7) would have to be relaxed,
or the system would have to deny access to a stream request-
ing bandwidth.

It is noted that an optimal solution that minimizes the
distortion criterion as in (5) is one where the (weighted)
distortion values of individual streams are all equal.

It is noted that (6) embodies a constraint imposed by the
channel under a conventional channel model. This constraint
is determined by the characteristics of the specific network. A
different type of constraint will be used as applied to LANs
with multi-rate support.

A few existing optimization algorithms exist that can be
used to find a solution to the above minimization problem,
such as Lagrangian optimization and dynamic programming.
Application of such optimization algorithms to the above
problem may require search over a large solution space, as
well as multiple iterations of compressing the video data. This
may be prohibitively computationally expensive. A practical
approach to the problem of bit allocation for joint coding of
multiple video programs extends the approach used in the
so-called MPEG-2 Test Model 5 (TM5).

An existing approach is based on the notions of super GOP
and super frame. A normal MPEG-2 GOP (Group-of-Pic-
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tures) of a single stream contains a number of I, P and B-type
frames. A super GOP is formed over multiple MPEG-2
streams and consists of N, super frames, where a super
frame is a set of frames containing one frame from each
stream and all frames in a super frame coincide in time. A
super GOP always contains an integer number of stream-level
MPEG-2 GOPs, even when the GOPs of individual streams
are not the same length and not aligned. The bit allocation
method includes a target number of bits assigned to a super
GOP. This target number T is the same for every super GOP
and is derived from the channel bit rate, which is assumed
fixed. Given T, the bit allocation is done for each super frame
within a super GOP. The resulting target number of bits for a
super frame T, depends on the number of I, P, and B frames in
the given streams. Then, given T,, the bit allocation is done for
each frame within a super frame. The resulting target number
of'bits for a frame within a super frame at time t is denoted by
T

i

The existing technique is based on the use of a complexity
measure C for a video frame, that represents the “complexity”
of encoding that frame. Subsequently, streams are allocated
bits proportional to the estimated complexity of the frames in
each stream. That is, streams with frames that are more “com-
plex” to code, receive more bits during bit allocation com-
pared to streams that are less “complex” to code, resulting in
an equal amount of distortion in each stream.

The complexity measure C for a video frame is defined as
the product of the quantization value used to compress the
DCT coefficients of that video frame, and the resulting num-
ber of bits generated to code that video frame (using that
quantization value). Therefore, the target number of bits T,
for a particular frame within a super frame can be computed
on the basis of an estimate of the complexity of that frame,
C,,.» and the quantizer used for that frame, Q, ,:

10

The value of C, , is assumed constant within a stream for all
future frames of the same type (I, P or B) to be encoded.
Therefore, C, , equals either C,,, or C,,, or Cz,, depending
on the frame type.

The sum of the number of bits allocated to all frames within
a superframe should be equal to the number of bits allocated
to that superframe, i.e.,

an

Np,
Tr = Z Tr,n
n=1

The technique uses an equal quantizer value Q for all
frames in all streams, in order to achieve uniform picture
quality. However, taking into account the different picture
types (I, P and B), the quantizer values for each frame are
related to the fixed Q by a constant weighting factor:

0,,=K.,Q (12)

where K, , is simply either K, K, or K, depending only on
the frame type.

Combining (10), (11) and (12), results in the following bit
allocation equation for frames within a super frame:
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1 13
Lo, (13)

K

T = NL"”iT,
—1 C,
Kr,n tn

n=1

This equation expresses that frames from different streams
are allocated bits proportional to their estimated complexi-
ties.
To accommodate prioritization of streams as discussed
above, the existing techniques may be extended as follows:
One may generalize (12) by including stream priorities p,,
as follows:

K@ (14)

Oin
Pn

where p,, are chosen such that:

1s)

For example, if all streams have the same priority, p,,=1 for all
n, such that (15) holds. Higher priority streams are assigned
values p, greater than 1, while lower priority streams are
assigned values of p,, smaller than 1.

Combining (10), (11) and (14), one obtains:

(16)

which can be used for bit allocation instead of (13). From
(16), it can be seen that the priorities can be used to allocate
more bits to frames from high priority streams and less bits to
frames from low priority streams. This strategy implicitly
attempts to minimize the distortion criterion (5). Note that
this extension applies to both encoding and transcoding.

In the approach described above, intended for encoding,
encoding complexities C of frames are estimated from past
encoded frames. These estimates are updated every frame and
used to allocate bits to upcoming frames. That is, the estimate
of complexity for the current frame t and future frames is
based on the measurement of the values of the quantizer used
in a previous frame as well as the actual amount of bits spent
in that previous frame (in the same stream n). Therefore, the
estimate is:

= ’
C tn =5 t—x,nQ T

where S indicates the number of bits actually spent on a video
frame, t indicates the current frame and t—t indicates the
nearest previous frame of the same type (I, P or B), and the
prime indicates that the estimate is computed from the output
of the encoder. Note again that in reality only 3 different
values for these estimates are kept for a single stream, one for
each picture type.

While this approach can also be used in transcoding, the
present inventor determined that it is possible to improve

an
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these estimates. The reason is that in the case of transcoding,
one has information about the complexity of the current
frame, because one has this frame available in encoded form
at the input of the transcoder. However, it has been observed
that complexity of the output frame is not the same as the
complexity of the input frame of the transcoder because the
transcoder changes the rate of the bitstream. It has been
observed that the ratio of the output complexity over the input
complexity remains relatively constant over time. Therefore,
an estimate of this ratio based on both input and output com-
plexity estimates of a previous frame can be used to scale the
given input complexity value of the current frame, to arrive at
a better estimate of the output complexity of the current
frame:

(18)

’ 7
Sr—r,n Qr—r,n

C =
tn
SttnQr—tn

StnQun

where S and Q without prime are computed from the input
bitstream.

The approach described above for multi-stream encoding
all assumed a constant target bit rate, i.e., a constant bit rate
channel. This assumption actually does not hold in certain
networks, especially for wireless channels, as previously
described. Accordingly, a modified approach that takes into
account the time varying nature of the channel is useful.

An extension can be applied if one can assume that the
target bit rate varies only slowly relative to the duration of a
(super) GOP. This may be the case when the actual channel
conditions for some reason change only slowly or relatively
infrequently. Alternatively, one may only be able to measure
the changing channel conditions with coarse time granularity.
In either case, the target bit rate can not be made to vary more
quickly than a certain value dictated by the physical limita-
tions. Therefore, the target bit rate can be modeled as a piece-
wise constant signal, where changes are allowed only on the
boundaries of a (super) GOP.

This approach can be combined with the aforementioned
approach by providing a new value of T  to the bit allocation
algorithm (possibly with other extensions as discussed above)
atthe start of every (super) GOP. In other words, T is allowed
to vary on a (super) GOP-by-GOP basis.

Another extension is to use the concept of virtual GOPs for
the case where the target bit rates varies quickly relative to the
duration of a (super) GOP, i.e., the case where adjustments to
the target bit rate and bit allocation must be made on a (super)
frame-by-frame basis. The use of virtual GOPs was explained
for the single-stream dynamic rate adaptation above. In the
multi-stream case, the concept of virtual GOPs extends to the
concept of virtual super GOPs.

Another bit allocation approach in joint coding of multiple
streams in a LAN environment, such as those based on IEEE
802.11, is suitable for those networks that have multi-rate
support. In this case an access point in the gateway may be
communicating at different data link rates with different cli-
ent devices. For this, and other reasons, the maximum data
throughput from the gateway to one device may be different
from the maximum throughput from the gateway to another
device, while transmission to each device contributes to the
overall utilization of a single, shared, channel.

As before, there are N, devices on a network sharing avail-
able channel capacity. It may be assumed there are N, streams
being transmitted to these N, devices (1 stream per device).
The system employs a multi-stream manager (i.e., multi-
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stream transcoder or encoder manager) that is responsible for
ensuring the best possibly quality of video transmitted to
these devices.

It may be assumed that a mechanism is available to mea-
sure the bandwidth or maximum data throughput H,, to each
devicen=1, 2, ..., N;. In general, this throughput varies per
device and varies with time due to variations in the network:
H,,(1). It can be assumed that the data maximum throughput
can be measured at a sufficiently fine granularity in time. The
maximum data throughput H,, is measured in bits per second.
Note that the maximum throughput H,, is actually an average
over a certain time interval, e.g., over the duration of a video
frame or group of frames.

In the case of 802.11 networks, for instance, the bandwidth
or maximum data throughput for device n may be estimated
from knowledge about the raw data rate used for communi-
cation between the access point and device n, the packet
length (in bits), and measurements of the packet error rate.
Other methods to measure the maximum throughput may also
be used.

One particular model of the (shared) channel is such that
the gateway communicates with each client device n for a
fraction f, of the time. For example, during a fraction f, of the
time, the home gateway is transmitting video stream 1 to
device 1, and during a fraction f, of the time, the gateway is
transmitting video stream 2 to device 2, and so on. Therefore,
an effective throughput is obtained from the gateway to client
n that is equal to:

Sl

The following channel constraint holds over any time inter-
val:

a9

i.e., the sum of channel utilization fractions must be smaller
than (or equal to) 1.0. If these fractions add up to 1.0, the
channel is utilized to its full capacity.

In the case of transcoding, let R, denote the rate of the
original (source) video stream n. To be able to transmit video
streams to all devices concurrently, there may exist a set of
n=1,2,..., N, such that the following holds for all n, under
the constraint of (19):

S =R, (20)

Ifsuchaset of f, does not exist, then the rate of one or more
video sources be reduced. Let R',, denote the rate of the
transrated (output) video stream n. To retain the highest pos-
sible video quality, the minimum amount of rate reduction
should be applied, in order for a set of f, to exist, such that the
following holds for all n, under the constraint of (19):

Sl =R, eay)

In the case of joint encoding (instead of joint transcoding),
the goal is simply to find a solution to (21), under the con-
straint of (19), where R', denotes the rate of the encoder
output stream n.

In general, the problem of determining a set of fractions £,
is an under-constrained problem. The above relationships do
not provide a unique solution. Naturally, the goal is to find a
solution to this problem that maximizes some measure of the
overall quality of all video streams combined.

An embodiment is based on a joint coding principle, where
the bit rates of different streams are allowed to vary based on
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their relative coding complexity, in order to achieve a gener-
ally uniform picture quality. This approach maximizes the
minimum quality of any video stream that are jointly coded,
i.e., this approach attempts to minimize distortion criterion
).

One may consider N, video streams, where each stream is
MPEG-2 encoded with GOPs of equal size N ;. One may also
consider a set of N; GOPs, one from each stream, concurrent
in time. This set, also called super GOP, contains N, xN
video frames. The first step in some bit allocation techniques
is to assign a target number of bits to each GOP in a super
GOP, where each GOP belongs to a different stream n. The
allocation is performed in proportion to the relative complex-
ity of each GOP in a super GOP. The second step in the bit
allocation procedure is to assign a target number of bits to
each frame of the GOP of each video stream.

Let T, denote the target number of bits assigned to the GOP
of stream n (within a super GOP). Let S, , denote the number
of bits generated by the encoder/transcoder for frame t of
video stream n. The total number of bits generated for stream
n over the course of'a GOP should be equal (or close) to T,,,
ie.,

22

Ng
T,= > Sy
t=1

As in the MPEG-2 TMS a coding complexity measure for a
frame is used that is the product of the quantizer value used
and the number of bits generated for that frame, i.e.,

(S U (23)
Therefore, (22) can be rewritten as:
. % ¢, (24)
T L0,

As in equation (14) a generally constant quality approach
may be used. All quantizer values may be equal, up to a
constant factor K, , that accounts for the differences in picture
types (I, P, and B) and a stream priority p,,. Therefore, (24) can
be rewritten as:

Ng (25)
_Pn Cot
= E; K
To achieve (21), the following may hold:
Ng (26)
Ta = fuHhy frame_rate

Combining equations (25) and (26), together with (19), pro-
vides the following solution for the set of n unknowns, f,
(factoring out Q).
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@n

Gt
Koy

Y

n=1 """ =1

It is assumed that the channel is utilized to its maximum
capacity, i.e., the sum of channel utilization fractions adds up
to exactly 1.0. Note that the approach is still valid if the
utilization fractions need to add up to a lower value than 1.0.
Equation (27) would simply be modified with an additional
factor to allow for this. For instance, there may be non-AV
streams active in the network that consume some of the chan-
nel capacity. In the case of non-AV streams, some capacity
has to be set aside for such streams, and the optimization of
the rates of AV streams should take this into account, by
lowering the mentioned sum lower than 1.0.

Given f,,, the actual target rate for each GOP can be com-
puted with (26).

As mentioned above, the second step in the bit allocation
procedure is to assign a target number of bits to each frame of
the GOP of each video stream. This can be achieved using
existing bit allocation methods, such as the one provided in
TMS. Subsequent coding or transcoding can be performed
with any standard method, in this case any encoder/
transcoder compliant to MPEG-2 (see FIG. 12).

Although the above method has been derived specifically
for the wireless LAN case, it should be noted that the above
model and equations hold for any other type of LAN or
network where a central gateway, server, or access point may
communicate with multiple client devices at different maxi-
mum rates.

In the case of dynamic rate adaptation, the maximum
throughput rates H,, vary in time. In this case, the above
method can be combined with the notion of virtual GOPs, or
virtual super GOPs, which consist of virtual GOPs of multiple
AV streams, and overlap in time (see F1G. 13). Equation (27)
would be executed at every frame time, to assign a target
number of bits to a virtual GOP of a particular stream n.
Subsequently, a target number of bits for each frame within
each virtual GOP must be assigned, using, for instance, equa-
tions (3).

Note further, that the above method can be applied in the
case where GOPs are not used, i.e., the above method can be
applied on a frame-by-frame basis, instead of on a GOP-by-
GOP basis (see FIG. 14). For instance, there may be cases
where only P-type pictures are considered, and rate control is
applied on a frame-by-frame basis. In this case, there is a need
to allocate bits to individual frames from a set of N, co-
occurring frames from different video streams. The above
method can still be used to assign a target number of bits to
each frame, in accordance to the relative coding complexity
of each frame within the set of frames from all streams.

One embodiment uses a single-stream system, as illus-
trated in FIG. 7. This single-stream system has a single analog
AV source. The analog AV source is input to a processing
module that contains an AV encoder that produces a digitally
compressed bit stream, e.g., an MPEG-2 or MPEG-4 bit
stream. The bit rate of this bit stream is dynamically adapted
to the conditions of the channel. This AV bit stream is trans-
mitted over the channel. The connection between transmitter
and receiver is strictly point-to-point. The receiver contains
an AV decoder that decodes the digitally compressed bit
stream.
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Another embodiment is a single-stream system, as illus-
trated in FIG. 8. This single-stream system has a single digital
AV source, e.g. an MPEG-2 or MPEG-4 bit stream. The
digital source is input to a processing module that contains an
transcoder/transrater that outputs a second digital bit stream.
The bit rate of this bit stream is dynamically adapted to the
conditions of the channel. This AV bit stream is transmitted
over the channel. The connection between transmitter and
receiver is strictly point-to-point. The receiver contains an AV
decoder that decodes the digitally compressed bit stream.

Another embodiment is a multi-stream system, as illus-
trated in FIG. 9. This multi-stream system has multiple AV
sources, where some sources may be in analog form, and
other sources may be in digital form (e.g.,, MPEG-2 or
MPEG-4 bit streams). These AV sources are input to a pro-
cessing module that contains zero or more encoders (analog
inputs) as well as zero or more transcoders (digital inputs).
Each encoder and/or transcoder produces a corresponding
output bitstream. The bit rate of these bit streams are dynami-
cally adapted to the conditions of the channel, so as to opti-
mize the overall quality of all streams. The system may also
adapt these streams based on information about the capabili-
ties of receiver devices. The system may also adapt streams
based on information about the preferences of each user. All
encoded/transcoded bit streams are sent to a network access
point, which transmits each bit stream to the corresponding
receiver. Each receiver contains an AV decoder that decodes
the digitally compressed bit stream.

Channel Bandwidth Estimation

The implementation of a system may estimate the band-
width in some manner. Existing bandwidth estimation mod-
els have been primarily based on the estimation of the net-
work capacity over a distributed network of interconnected
nodes, such as the Internet. Typically there are many inter-
connected nodes, each of which may have a different band-
width capacity. Data packets transmitted through a set of
relatively fast nodes may be queued for transmission through
a relatively slow node. To attempt to estimate the bottleneck
bandwidth over a communication network a series of packets
may be transmitted from the server through a bottleneck link
to the client. By calculating the temporal spacing between the
received packets, the client may estimate the bandwidth of the
bottleneck node. Accordingly, the temporal spacing of pack-
ets occurs as a result of a relatively slow network connection
within the many network connections through which the data
packets are transmitted. This temporal spacing does not mea-
sure a rate of change of the network bandwidth in terms of a
relatively short time frame, such as less than 1 second, but
rather is a measure whatever link is the network bottleneck
when measured on a periodic basis, such as every few min-
utes. Moreover, the physical bottleneck node has a tendency
to change over time as the traffic across the distributed net-
work changes, such as the Internet.

Other techniques for estimating the bandwidth of distrib-
uted networks involves generating significant amounts of test
data specifically for the purpose of estimating the bandwidth
of the network. Unfortunately, such test data presents a sig-
nificant overhead in that it significantly lowers the bandwidth
available for other data during the test periods. In many cases
the test data is analyzed in an off-line manner, where the
estimates are calculated after all the test traffic was sent and
received. While the use of such test data may be useful for
non-time sensitive network applications it tends to be unsuit-
able in an environment where temporary interruptions in net-
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work bandwidth are undesirable, and where information
about link bandwidth is needed substantially continuously
and in real time.

Itwould also be noted that the streaming of audio and video
over the Internet is characterized by relatively low bit rates (in
the 64 to 512 Kbps range), relatively high packet losses (loss
rates up to 10% are typically considered acceptable), and
relatively large packet jitter (variations in the arrival time of
packets). With such bit rates, a typical measurement of the
bandwidth consists of measuring the amount of the packet
loss and/or packet jitter at the receiver, and subsequently
sending the measured data back to the sender. This technique
is premised on a significant percentage of packet loss being
acceptable, and it attempts to manage the amount of packet
loss, as opposed to attempting to minimize or otherwise
eliminate the packet loss. Moreover, such techniques are not
necessarily directly applicable to higher bit rate applications,
such as streaming high quality video at 6 Mbps for standard
definition video or 20 Mbps for high definition video.

The implementation of a system may be done in such a
manner that the system is free from additional probing “traf-
fic” from the transmitter to the receiver. In this manner, no
additional burden is placed on the network bandwidth by the
transmitter. A limited amount of network traffic from the
receiver to the transmitter may contain feedback that may be
used as a mechanism to monitor the network traffic. In the
typical wireless implementation there is transmission, feed-
back, and retransmission of data at the MAC layer of the
protocol. While the network monitoring for bandwidth utili-
zation may be performed at the MAC layer, one implemen-
tation of the system described herein preferably does the
network monitoring at the APPLICATION layer. By using the
application layer the implementation is less dependent on the
particular network implementation and may be used in a
broader range of networks. By way of background, many
wireless protocol systems include a physical layer, a MAC
layer, a transport/network layer, and an application layer.

When considering an optimal solution one should consider
(1) what parameters to measure, (2) whether the parameters
should be measured at the transmitter or the receiver, and (3)
whether to use a model-based approach (have a model of how
the system behaves) versus a probe-based approach (try send-
ing more and more data and see when the system breaks
down, then try sending less data and return to increasing data
until the system breaks down). In a model-based approach a
more optimal utilization of the available bandwidth is likely
possible because more accurate adjustments of the transmit-
ted streams can be done.

The parameters may be measured at the receiver and then
sent back over the channel to the transmitter. While measur-
ing the parameters at the receiver may be implemented with-
out impacting the system excessively, it does increase channel
usage and involves a delay between the measurement at the
receiver and the arrival of information at the transmitter.

MAC Layer

Alternatively, the parameters may be measured at the trans-
mitter. The MAC layer of the transmitter has knowledge of
what has been sent and when. The transmitter MAC also has
knowledge of what has been received and when it was
received through the acknowledgments. For example, the
system may use the data link rate and/or packet error rate
(number of retries) from the MAC layer. The data link rate
and/or packet error rate may be obtained directly from the
MAC layer, the 802.11 management information base param-
eters, or otherwise obtained in some manner. For example,
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FIG. 18 illustrates the re-transmission of lost packets and the
fall-back to lower data link rates between the transmitter and
the receiver for a wireless transmission (or communication)
system.

In a wireless transmission system the packets carry P pay-
load bits. The time T it takes to transmit a packet with P bits
may be computed, given the data link rate, number of retries,
and a prior knowledge of MAC and PHY overhead (e.g.,
duration of contention window length of header, time it takes
to send acknowledgment, etc.). Accordingly, the maximum
throughput may be calculated as P/T (bits/second).

Application Layer

As illustrated in FIG. 19, the packets are submitted to the

transmitter, which may require retransmission in some cases.
The receiver receives the packets from the transmitter, and at
some point thereafter indicates that the packet has been
received to the application layer. The receipt of packets may
be used to indicate the rate at which they are properly
received, or otherwise the trend increasing or decreasing.
This information may be used to determine the available
bandwidth or maximum throughput. FIG. 20 illustrates an
approach based on forming bursts of packets at the transmitter
and reading such bursts periodically into the channel as fast a
possible and measure the maximum throughput of the system.
By repeating the process on a periodic basis the maximum
throughput of a particular link may be estimated, while the
effective throughput of the data may be lower than the maxi-
mum.
Referring to FIG. 21, the technique for the estimation of the
available bandwidth may be based upon a single traffic stream
being present from the sender to the receiver. In this manner,
the sender does not have to contend for medium access with
other sending stations. This single traffic stream may, for
instance, consist of packets containing audio and video data.
As illustrated in FIG. 21, a set of five successful packet
transmissions over time in an ideal condition of a network
link is shown, where Tx is the transmitter and Rx is the
receiver. It is noted that FIG. 21 depicts an abstracted model,
where actual transmission may include an acknowledgment
being transmitted from the receiver to the transmitter, and
intra-frame spacings of data (such as prescribed in the 802.11
Standard). In the actual video data stream having a constant
bit rate, the packets are spaced evenly in time, where the time
interval between data packets is constant and determined by
the bit rate of the video stream, and by the packet size
selected.

Referring to FIG. 22 a sequence of five packets is shown
under non-ideal conditions. After the application has trans-
mitted some of the packets, the transmitter retransmits some
of'the packets because they were not received properly by the
receiver, were incorrect, or an acknowledgment was not
received by the transmitter. The retransmission of the packets
automatically occurs with other protocol layers of the wire-
less transmission system so that the application layer is
unaware of the event. As illustrated in FIG. 22, the first two
packets were retransmitted once before being properly
received by the receiver. As a result of the need to retransmit
the packets, the system may also automatically reverts to a
slower data rate where each packet is transmitted using a
lower bit rate. The 802.11a specification can operate at data
link rates 6, 9, 12, 18, 24, 36, 48, or 54 Mbps and the 802.11b
specification can operate at 1, 2, 5.5, or 11 Mbps. In this
manner the need for retransmission of the packets is allevi-
ated or otherwise eliminated.
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Referring to FIG. 23, the present inventors considered the
packet submissions to be transmitted from the application,
illustrated by the arrows. As it may be observed, there is one
retransmission that is unknown to the application and two
changes in the bit rate which is likewise unknown to the
application. The application is only aware of the submission
times of the packets to be transmitted. The packet arrivals at
the application layer of the receiver are illustrated by the
arrows. The packets arrive at spaced apart intervals, but the
application on the receiver is unaware of any retransmission
that may have occurred. However, as it may be observed it is
difficult to discern what the maximum effective bandwidth is
based upon the transmission and reception of the packets
shown in FIG. 23.

After consideration of the difficultly, the present inventor
determined that to effectively measure the bandwidth avail-
able, a group of packets should be provided to the transmitter
in a manner as fast as the transmitter will accept the packets or
otherwise without substantial space between the packets in
comparison with the normal speed at which they would be
provided to the transmitter, for the average bit rate of the
video. Referring to FIG. 24, the burst of packets is preferably
a plurality, and more preferably 3 or more. Subsequently, the
packets are submitted by the transmitter through the wireless
network, to the receiver. At the receiver, the arrival of the
individual packets in each burst is timed.

In many cases, the transmission of packets across the wire-
less network is at an average data rate less than the maximum
data rate. Accordingly, the transmitter may buffer a plurality
of packets together temporarily that is received for transmis-
sion. The data packets may arrive at the transmitter portion of
the system at regular intervals, for example, if they come from
avideo encoder or transcoder that is operating at a constant bit
rate. After the buffering, the transmitter may attempt to send
the buffered packets as a burst, i.e., at the maximum sending
rate. The transmitter may continue to buffer additional groups
of packets to form additional bursts, as desired.

One desired result of sending packets in such bursts is that
the overall throughput of the system is approximately equal to
the target bit rate of the streaming video. The effective
throughput, E, can be modified by controlling the following
three parameters:

(1) The packet size (e.g., in the number of bytes), or the size

of the data payload of each packet; and/or

(2) The number of packets in each burst of packets; and/or

(3) The time interval between subsequent burst of packets.
By way of example, if a payload size of 1472 bytes, and the
number of packets in the burst is 10, and the time interval
between bursts is 40 milliseconds, the effective throughput is:
10 (packets per burst)x1472 (bytes per packet)x8 (bits per
byte)/0.040 (seconds per burst)=2,944,000 bits per second, or
approximately 2.9 Mbps. Therefore, an audiovisual stream
with a bit rate of 2.9 Mbps can be streamed at that rate using
that wireless connection. It may be observed, that the packets
are the actual video signal and not merely additional test
traffic imposed on the network. In addition, the system may
sequentially transmit the packet bursts in a manner such that
the average data rate matches (within 10%) the video bit rate.
In this manner, the system may have a continuous measure-
ment of the available video bandwidth, while permitting the
average video rate to remain unchanged.

The effective throughput of a system is always lower than
(or equal to) the bandwidth or maximum throughput that the
channel can support. Bandwidth or the maximum throughput
may be denoted as T. For example, it is known that in ideal
conditions an 802.11b link in DCF mode can support a maxi-
mum throughput (bandwidth) of approximately 6.2 Mbps—if
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the payload size is 1472 bytes per packet, and the underlying
link rate is 11 Mbps. In non-ideal conditions this maximum
throughput or bandwidth will be lowered, due to re-transmis-
sions and lowering of link rates. Naturally, the effective
throughput can never exceed the maximum throughput. The
ideal situation is illustrated in FIG. 24 while the non-ideal
situation is illustrated in FIG. 25. In the case shown in FIG. 24
the channel actually may support a higher througput, up to a
maximum throughput, of T=T ; Mbps. Therefore, E.<T , and
there is space for additional traffic. In the case shown in FIG.
25 the maximum throughput drops because the underlying
MAC uses more of the capacity of the channel to transmit the
packets in the data stream and there is less room for additional
traffic. The maximum throughput in this case, say T=T5 is
lower than the case shown in FIG. 24: Tz<T,. The effective
throughput can still be supported: E <T holds as well.

It is the maximum throughput or bandwidth T that is esti-
mated, in order to provide the transmitter with the right infor-
mation to adapt the audio/video stream bandwidth (if neces-
sary). The maximum throughput is achieved, albeit
temporarily, during transmission of a packet burst. Therefore,
the maximum throughput is estimated by computing the ratio
of'the number of bits transmitted during a burst, and the time
duration of that burst. More precisely, consider a burst of N
packets (N=2) arriving at the receiver, where packet 1, 1=i<N,
in that burst arrives at time t, (in seconds). Note that at the
receiver it may not know the time at which the sender sub-
mitted the first packet to the network for transmission. As
shown in FIGS. 24 and 25, during the time interval At=t,~t,
between the arrival of the first and the last packet of a burst,
the network is busy transmitting packets 2 to N (all packets in
the burst except the first). If one assumes that each packet in
a burst carries the same payload P bits, then the amount of bits
transmitted during the interval At is equal to P*(N-1) bits.
Therefore, the maximum throughput or bandwidth at the time
of this burst is:

Pe(N -1
po oD
In—1

More generally, one may denote the maximum throughput
orbandwidth foraburst j by T,. The payload of packets during
burstj is P, (all packets during a burst have the same payload).
The number of packets in burst j is N,. The time of arrival of
packetiin burstjist,,and the time interval measured for burst
jis A=t 1, ).

It is noted that the receiver may also utilize time stamps
measured at the sender side, if the sender embeds those time
stamps into the packet payload. The packet payload may also
include a packet sequence number. The packet payload may
also include a burst sequence number. Such sequence num-
bers may be used by the receiver to detect packet losses. The
packet payload may also contain a field that indicates that a
packet is the first packet in a burst, and/or a field that indicates
that a packet is the last packet in a burst, and/or a field that
indicates that a packet is neither the first nor the last packet in
a burst.

Timestamps or measurements of time and time intervals
can be provided by clocks internal to the hardware/software
platform. Note that different hardware/software platforms
may offer different APIs and may support clocks with differ-
ent performance in terms of clock resolution (or granularity).
For example, on a Linux platform, the gettimeofday( ) APl is
available, which provides time values with microsecond reso-
Iution. As another example, ona Windows 2000/ Windows XP
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platform (Win32 API), the GetTickCount( ) and QueryPer-
formanceCounter( ) APIs are available. The latter API can be
used to retrieve time values with sub-millisecond resolution.
The actual resolution of the time values provided by the
QueryPerformanceCounter( ) API depends on the hardware.
For example, this resolution was found to be better than
microsecond resolution on two different Windows 2000 lap-
top PCs, and was found to be better than nanosecond resolu-
tion on a newer Windows XP desktop PC.

The bandwidth measurements may be done on an ongoing
basis, that is, more than just once. Every burst of data packets
during the streaming of audio/video data may be used to
estimate bandwidth available during transmission of that
burst. Such measurements performed at the receiver are sent
back to the sender.

A test setup was implemented using software running on
two Windows 2000 laptop PCs, both equipped with IEEE
802.11b WLAN client cards. These WLAN cards on these
laptops were configured to communicate in the 802.11 ad-hoc
mode, and the IP protocol settings were configured to create
a 2 laptop private network. Software running on one PC acted
as a server, sending packets over the network to the receiver
using the UDP, IP and 802.11b protocols. Note that UDP may
be used instead of TCP, as UDP is more suitable for real-time
traffic. It is noted that the system may use other protocols,
such as for example, the Powerline Communication networks
or other LANG.

The first example illustrates throughput performance of
802.11b in a generally ideal case, where the laptop PCs were
located close to each other, and interference from external
sources was minimized. The 802.11b cards were configured
to communicate at the maximum 11 Mbps link rate. The
packet payload was constant at 1472 bytes (an additional 28
bytes are used by UDP and IP, such that the 802.11 MAC
delivered 1500 byte packets). Each experiment consisted of
transmission of 100 bursts. In this example, each burst con-
sisted of 10 packets and the time between subsequent bursts
was scheduled to be 40 ms. Therefore, effective throughput in
this case is approximately 2.9 Mbps.

Results for the ideal conditions are shown in FIG. 26. From
other measurements, it is known that the maximum through-
put/bandwidth in this case is 6.2 Mbps on average. Note that
the bandwidth varies somewhat around the 6.2 Mbps value;
the average value over 100 bursts is 6.24 Mbps and the stan-
dard deviation is 0.22 Mbps. The average value over 100 burst
is very close to the expected value, and the standard deviation
is reasonably small. Methods to handle the variations are
discussed in the next section.

The second example illustrates throughput performance of
802.11b in generally non-ideal conditions, where the laptop
PCs were located much further away from each other, at a
distance of 43 m, in an indoor environment containing many
cubicles, and a few walls between the sender and receiver. All
other parameters were the same as in the first example.

Results for the non-ideal case are shown in FIG. 27. The
maximum throughput in this case is much lower: 3.3 Mbps on
average over 100 bursts. The standard deviation over 100
bursts is much higher: 1.20 Mbps. The diagram shows the
decreased throughput performance and the increased varia-
tions in performance (note that the vertical axis has a different
scale in FIG. 26 and FIG. 27).

From this second example, it is noted that the variation in
measured bandwidth values may be a useful parameter in
itself to use as feedback in an audio/video streaming sys-
tem—as an alternative to estimating bandwidth directly.

Robustness

Measurements of bandwidth are subject to temporal varia-
tions under most conditions, as illustrated in FIGS. 26 and 27.
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Some of these variations, generally referred to as noise, are
not meaningful in the context of wireless broadcasting. It was
determined that one source of errors is caused by the (limited)
resolution of the clock used to measure packet arrival times.
With such errors present it is desirable to provide a robust
estimate of (instantaneous) bandwidth that can be used as
input to a rate adaptation mechanism at the audio/video
encoder at the sender.

There exists a trade-oft between the number of packets in a
burst and the robustness of the bandwidth estimate. Robust-
ness of the bandwidth estimate can be increased by using a
larger number of packets per burst. For example, using bursts
with more than two packets reduces the effects of limited
resolution of the measurement clock. However, increasing the
number of packets per burst means the buffer size at the
sender side must be increased, resulting in higher cost of
implementation, and higher transmission delays.

The examples shown in FIGS. 26 and 27 assumed a burst
size of 10 packets; however, any suitable number of packets
may be used. Some temporal variations in the estimates of
bandwidth typically remains as the number of packets is
increased to its practical maximum. The processing of either
the bandwidth estimates or of the measured time intervals
may be used to reduce the variations. Processing techniques
may be applied to compute a final estimate of the bandwidth.

Traditional techniques applicable to measuring Internet
bottleneck bandwidth use a frequency distribution (histo-
gram) of a set of bandwidth estimates and take either the
mean, median or mode(s) of that distribution as the final
bandwidth estimate. The approach is partly based upon view-
ing the data as a set of data to be collected, and thereafter
processed. However, the present inventor has determined that
such techniques are not appropriate for real-time bandwidth
estimation in WLANs. One of the principal reasons the
present inventor determined that such techniques are inappro-
priate is that it takes several seconds before enough band-
width samples can be collected to form a meaningful fre-
quency distribution. However, in the case of video over a
wireless network, the channel is subject to variations on a
much smaller (subsecond) timescale and the system should
be able to respond to those changes in a much faster manner.

To overcome this limitation of a set-based premise, the
present inventor determined that the data should be analyzed
as a sequential set of measurement samples, as opposed to
viewing the data as a set of data to be collected, and thereafter
processed. In this manner, the temporal nature of the data
becomes important. The data may be treated as a set of mea-
surement samples as a time sequence, i.e., as a discrete time
signal. Accordingly, if the samples are received in a different
order the resulting output is different. Assuming the measure-
ment samples are spaced equidistantly in time, various signal
processing techniques can be applied to eliminate “noisy”
variations, including but not limited to the following.

(1) FIR filtering. Non-recursive filtering with a finite num-
ber of filter tabs. One example is a moving average filter.
FIGS. 26 and 27 illustrate the effect of a 10 tab moving
average filter on the sequence of bandwidth measurement
samples.

(2) 1R filtering. Recursive filtering with a finite number of
filter tabs. One example is a first-order recursive filter that
weights both the previous estimate with the current measure-
ment sample to compute a new estimate. FIGS. 26 and 27
illustrate the effect of a first order IIR filter on the sequence of
bandwidth measurement samples.

(3) Statistical processing. Mean square error (MSE) esti-
mates, maximum a posteriori (MAP) estimates, Wiener fil-
tering, Kalman filtering. Statistical processing provides a par-
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ticularly convenient framework, because it allows one to both
filter samples and predict future values as the same time.
Forming a prediction is important since the results of the
measurements are used to control the rate of audio/video data
transmitted in the (near) future.

(4) Curve fitting. Fitting curves, such as straight lines,
splines, and other, allows interpolation, approximation and
extrapolation from the noisy data samples. Curve fitting is
especially useful in case the measurement samples are not
spaced exactly equidistantly in time.

In each of these methods, the additional processing to
compute a final estimate for the bandwidth at burst j may
utilize a limited number of bandwidth samples from the past
T,,.j—-M, =ms=j, and may also utilize a limited number of final
bandwidth estimates from the past T*,,, j-M,=m=<j-1. One
embodiment may, for example, utilize a first order IIR type of
filter as follows:

T*=(1-w) T +weT;

where w is a parameter between 0 and 1. For instance, if
w=0.5, the final estimate of bandwidth at burst j is computed
by weighting equally the previous final estimate of the band-
width at burst j—1 and the current bandwidth sample for burst
j- The parameter w controls the amount of smoothing or
averaging applied to the bandwidth samples, where the
amount of smoothing is high when w is low, and the amount
of smoothing is low when w is high. This parameter may be
held constant; alternatively, one may change this parameter
adaptively. This technique was used in the examples in FIGS.
26 and 27, where the value of w was 0.1.

Note that instead of filtering or processing bandwidth
samples T,, one may also filter or process measured time
intervals At; before computing bandwidth values using

s Pev-1

Iy =1y

In that case, one may utilize samples of measured time inter-
vals intervals from the past At,,, j-M,=mxj, as well as a
limited number of processed time interval estimates from the
past At* _ j-M,=msj-1, to compute a final estimate of a
representative time interval for burst j, At*,. Then, one may

apply

s Pev-D

Iy =1y

using this final estimate of the time interval, to compute a final
estimate of the bandwidth at burst j, T* . One example is to
use IR filtering on the measured time intervals:

Ar¥=(1-w)Ar*;_ +wAi;

followed by:

Pie(N;—1)

"
Arg

e

Such filtering, estimation and prediction techniques allow
filtering out an appropriate amount of noisy variations, while
still providing a final estimate quickly.

The measurement results at the receiver are transmitted
back to the sender. The sender uses this feedback information
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to adapt the audio/video being transmitted, especially its rate.
The feedback information transmitted from receiver to sender
may consist of an estimate of (instantaneous) bandwidth/
maximum throughput as computed by the receiver. It may
also include raw measurement results, or a partial estimate,
which the sender may use to compute a final estimate. It may
also include a time stamp, indicating the time at which the
estimate was computed, and a sequence number, indicating
the packet number or packet burst number. The feedback
information may also contain an indication of whether the
receiver detected any packet loss.

Feedback information can be sent back to the sender using
the same network link that carries the audio/video data. In
particular, packets with feedback information can be trans-
mitted between transmission of packet bursts with audio/
video data from sender to receiver. Such feedback packets
may be sent periodically, for example, after every burst of
audio/video packets, or after every K bursts, or whenever
desired, for example, only if there is a significant change of
the bandwidth performance. The feedback packets only uses
a small portion of the available bandwidth for transmission.
This overhead should be minimized, i.e., kept small while still
allowing the sender to react in a timely fashion. The amount
of information in such feedback packets is very small com-
pared to the audio/video data, therefore the bandwidth over-
head is very small. Still, the sender may take this small over-
head into account in its bandwidth allocation and adaptation
strategy.

Referring to FIG. 28A, a flow diagram for an exemplary
receiver is shown. The receiver receives the packet bursts j
and determines packet losses and measures the arrival of the
packets. Then the receiver computes the bandwidth sample
for the burst j. Thereafter, the receiver may compute the final
bandwidth estimate for the burst j by incorporating the band-
width of the previous packets. After estimating a final band-
width the receiver transmits the bandwidth information back
to the sender. It is to be understood that the sender may
calculate the bandwidth information and bandwidth esti-
mates based upon information from the receiver.

Referring to FIG. 28B, a flow diagram for another exem-
plary receiver is shown. The receiver receives the packet
bursts j and determines packet losses and measures the arrival
of the packets. Then the receiver computes the time interval
for burst j. Thereafter, the receiver may compute the final
bandwidth estimate for the burst j by incorporating the time
intervals of the previous packets. After estimating a final
bandwidth the receiver transmits the bandwidth information
back to the sender. It is to be understood that the sender may
calculate the bandwidth information and bandwidth esti-
mates based upon information from the receiver.

Referring to FIG. 29, a flow diagram for an exemplary
transmitter is shown. The transmitter sends a packet burst to
the receiver. The transmitter then waits a pre-determined time
interval to receive feedback from the receiver. When the feed-
back information is received the transmitter may adapt the
rate and schedule the packets to the receiver. It is to be under-
stood that the sender may calculate the bandwidth informa-
tion and bandwidth estimates based upon information from
the receiver.

All references cited herein are incorporated by reference.

The terms and expressions which have been employed in
the foregoing specification are used therein as terms of
description and not of limitation, and there is no intention, in
the use of such terms and expressions, of excluding equiva-
lents of the features shown and described or portions thereof,
it being recognized that the scope of the invention is defined
and limited only by the claims which follow.
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What is claimed is:

1. A method for transmitting data from a transmitter that
transmits data received from an input to said transmitter, said
method comprising:

(a) defining a first average rate to transmit a first plurality of
packets of said data for presentation to a user at a
receiver;,

(b) defining a second average rate to transmit a second
plurality of packets of said data comprising a subset of
said first plurality of packets, wherein said second plu-
rality of packets is less than said first plurality of packets,
wherein said second average rate is greater than said first
average rate;

(c) said transmitter, at an automatically-selected time,
automatically and without regard to any change in the
rate of data received through said input, increasing the
rate of transmission to said receiver of said second plu-
rality of packets over a wireless interconnection to said
second average rate; and

(d) estimating the bandwidth of said wireless interconnec-
tion based on respective arrival times, at said receiver, of
only those ones of said first plurality of packets for
presentation to said user at said receiver that are included
in said second plurality of packets.

2. The method of claim 1 wherein said second plurality of

packets are provided to said transmitter at the maximum rate.

3. The method of claim 1 wherein said second plurality of
packets are provided as a burst of packets with at least two
packets transmitted in a back-to-back fashion without other
packets between them.

4. The method of claim 1 wherein all packets of said second
plurality of packets contain at least one of audio data and
video data.

5. The method of claim 1 wherein said second plurality of
packets is transmitted in a duration less than 1 second.

6. The method of claim 1 wherein said transmitting is by an
APPLICATION LAYER.

7. The method of claim 1 wherein said transmitting is by a
transport layer.

8. The method of claim 1 wherein said transmitting is by a
network layer.
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9. The method of claim 1 wherein steps (b) and (c) are
performed a plurality of times over a time period.

10. The method of claim 1 wherein said first average rate is
equal to the bit rate of the data source.

11. A method of transmitting a contiguous sequence of
data, said method comprising:

(a) defining a transmission burst rate to transmit a plurality
of packets of said contiguous sequence wherein said
transmission burst rate is greater than the average rate
for transmitting said data to a receiver;

(b) transmitting said plurality of packets of said data over a
wireless interconnection to a receiver, at an automati-
cally-selected time and at a rate automatically increased
to said transmission burst rate without regard to any
change in the rate of data received for transmission,
wherein all packets contain at least one of audio data and
video data; and

(c) estimating the bandwidth of said wireless interconnec-
tion based on respective arrival times, at said receiver, of
only those packets of said contiguous sequence of data
included in said plurality of packets.

12. The method of claim 11 wherein said plurality of pack-

ets are provided to said transmitter at the maximum rate.

13. The method of claim 11 wherein said plurality of pack-
ets are provided as a burst of packets with at least two packets
transmitted in a back-to-back fashion without other packets
between them.

14. The method of claim 11 wherein said plurality of pack-
ets is transmitted in a duration less than 1 second.

15. The method of claim 11 wherein said transmitting is by
an APPLICATION LAYER.

16. The method claim 11 wherein said transmitting is by a
TRANSPORT LAYER.

17. The method of claim 11 wherein said transmitting is by
a NETWORK LAYER.

18. The method of claim 11 wherein said average rate is
equal to the bit rate of the source data.

19. The method of claim 11 further comprising performing
said transmitting and said estimating a plurality of times over
a time period.
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